Abstract
Introduction
Universal Mobile Telecommunication System (UMTS) is designed to deliver new applications such as video streaming and video conferencing. UMTS is based on Wideband Code Division Multiple Access (WCDMA) technology. This technology provides many powerful features to deliver high-bandwidth real-time applications over the radio channel. Such features include soft handover (SHO), data rate adaptation, and signal-to-noise ratio target (SIRT) adjustment, etc.
In WCDMA, the data rate over the air interface may be adapted by changing the spreading code in use. This function is typically performed by Radio Network Controller (RNC). The RNC has to measure the signal quality and load that each base station (or Node B) is serving, before assigning a code with the most appropriate spreading factor (SF) to each connection. This code may be changed if the radio condition changes, for example, when high block error rate (BLER) in a connection is detected.
There are many publications that have studied the performance of operating UMTS system. In [1] , the number of cells in active set and basic power control functions are monitored. Authors in [2] measure SHO gain in the uplink direction. Performance of Voice over Internet Protocol (VoIP) in real UMTS network is evaluated in [3] . The antenna gains of using different antenna configurations are discussed in [4] . It can be seen that each paper focused on different aspects, and none of them focused on the performance of real time video services, which is the main focus on this paper. This paper aims to study the performance of real-time mobile TV service in a commercial UMTS network. The paper is organised as follows: Section 2 explains the test environment in the experiment. Section 3 provides the experimental results. Section 4 concludes this paper.
Streaming Services in UMTS
UMTS services are classified into four classes: Conversational, Streaming, Interactive, and Background. Each class has different Quality of Service (QoS) requirements. For example, Conversational-Class services require guaranteed bit rate and minimum delays. Streaming Class services need guaranteed bit rate, but delay requirement is more relaxed.
Streaming services are new features that UMTS can provide. Use of this service is quickly becoming more and more popular as it offers the mobile phones users the ability to watch live TV programs on their mobile phones anywhere anytime [5] .
In the service provider perspective, the existence of the Multimedia Broadcast/Multicast Service (MBMS) makes broadcast services such as TV streaming more attractive as it allows the network to support theoretically unlimited number of users with constant network load [5] . Therefore, a study of behavior of such service in real UMTS network is invaluable for research in this field.
Test Environment
The experiments were carried out in a commercial 3G network in Australia. This network offers both WCDMA and HSDPA services. Only WCDMA performance will be focused in this paper.
A special terminal built on Anite's technology with particular software (NEMO) was used to run applications and collect data. A number of applications may be run on the terminal and the software will run as background to log performance information such as throughput and BLER. The terminal is capable of measuring and collecting data only. The analysis of collected data has to be performed using particular software. In this paper, the measurement data were extracted using NEMO software, and all statistical analysis and presentations of the data were conducted using MATLAB.
The measurements were performed on a main street at night to ensure that any disturbance from other users was minimised. The user was pedestrian and using a real-time video-streaming service. There are two scenarios that are considered in this paper. The first scenario is a typical UMTS network environment i.e. soft handover is allowed. Another scenario is an extreme case when the terminal is at the edge of the cell and moving out of the coverage. This situation is emulated by forcing the terminal to strictly connect to one cell only i.e. any kind of handover is disabled.
Experiment Results
In this section, the performance of WCDMA with realtime video application is presented and analysed in two scenarios: with SHO (typical) and Cell edge. Figure 1 (a) illustrates that, with SHO, UE always connects to a Node B that provides the highest Ec/No. This will result in the minimum required transmission power to maintain the connection as shown in the figure that the required transmission power is just around -40 dBW, which is well under the maximum of -9 dBW in a standard network dimensioning [6] . Figure 1 (b) shows that, in sprite of some variations, the throughput required to maintain the real-time videostreaming service could be provided. The statistical result given in Figure 2 indicates that 80% of the downlink throughput is greater than 80 kbps. In addition to basic parameters given in Figure 1 and Figure 2 , more specific parameters such as SIR target, BLER, and adaptive SF are given in Figure 3 . According to the principle of outer loop power control, the SIRT should be increased if BLER is detected. However, in the real implementation, considering only BLER is not enough. That is, it is necessary for outer loop power control to take into account the SF in use in a particular period. It is shown in Figure 3 (a) and (b) that, with a high SF (such as between samples 520 and 700), a low SIRT is required. This is due to the fact that, with a high SF factor, the processing gain at the receiver is also high, implying more interference robustness. However, it is important to note that, although a code with high SF factor is more robust and requires less SIRT, it is not desirable. This is because lower throughput could be achieved with such code, and hence poorer quality of services. It was found from Figure 3 (b) and the fieldexperiment that the proportion of SF = 8 and SF = 16 was approximately the same, and good real-time video quality was observed.
Mobile
The following figure shows the relationship between SF and SIRT in terms of probability density function (PDF). 
Figure 4
Relationship between SF and SIRT Figure 4 indicates that a low SIRT around 2 dB is sufficient for a code with high SF (2 4 =16), while a higher SIRT at around 4-5 dB is required when SF=8 is in use.
Mobile Live TV: Cell Edge
In this section, the WCDMA performance of a case when a terminal using a real-time video streaming application is moving out of coverage area is studied. Figure 5 (a) CPICH Ec/No and transmission power when a UE is moving out of coverage. As the terminal was forced to connect to a base station, which might not be the best one, the transmission power required to maintain this connection might be higher than that in Section 3.1. From this figure, the UE seems to move out of coverage from the sample 600 th onward. This expectation is consistent with Figure 5 (c) in which a large number of TCP power up commands are issued.
In Figure 5 (b), it is interesting to see that: although the UE was out of coverage, video data could be streamed to the end user. This is due to the fact that real-time services such as real-time video are, in most cases, based on a realtime protocol. Such real-time protocol is often an "unacknowledged" protocol. This means the data are still sent even if the receiver could not receive them or if received in error. This situation is WCDMA is illustrated in Figure 6 . In Figure 6 , the results in samples 0 th to 600 th , show a similar trend as that shown in Figure 3 . There are two major differences between these two figures. The first difference occurs around the 500 th sample. In this period, the CPICH Ec/No suddenly drops as shown in Figure 5 (a). The mechanism that RNC uses to handle this drop was interesting, ie. the RNC decided to keep SIRT at approximately the same level but increases SF by two levels, from 8 to 32. This resulted in lower transmission power required at UE, but poorer quality of real-time video that the user was experiencing. During this period, many pauses and buffering were observed by the user.
Another major different that must be noted from Figure  3 and Figure 5 is when the UE is moving out of coverage area ( Figure 5 and 6 from the 600 th samples onward). Figure 5 (b) shows that the DL throughput from the 600 th sample onwards is approximately a half (50 kbps) of typical required throughput for video streaming service (around 100 kbps). As the terminal moved further away from the base station, this 50 kbps data rate could be delivered to the end user. However, a large BLER of more than 50% was received as shown in Figure 6 (b) . As a result, proper communication is not possible.
The relationships between SF and SIRT for the 51 st to 600 th and 601 st to 748 th samples are shown in Figure 7 and 8, respectively. Figure 7 shows the same trend as Figure 4 . The only difference is a higher level of SIRT on average is required in Figure 7 . This is due to the fact that the situation of Figure 7 was when the terminal was forced to connect to a base station which might not be a base station that provided the best signal. RNC might detect that the radio condition between the serving Node B and the UE is poor, and hence it increased the SIRT level. ) clearly show that when a terminal is moving out of coverage, the transmission power and SIRT required to maintain the connection are high, but the throughput of the service decreases.
Conclusion
This paper presents experimental results when a user is using a real-time video streaming application in a commercial UMTS network in Australia. Two scenarios are considered: a typical scenario when soft handover between base stations is allowed, and an extreme scenario when a terminal is moving out of coverage. The experiments illustrate the practical implementation of protocols used for real-time TV applications. The results also shown that, when the channel quality is poor, video data are still streamed to the user even when BLER is significantly increasing. In such situation, RNC decides to use a code with high SF which requires low SIRT to avoid increasing UE transmission power. These match well with the theory.
Future Work
This study is limited to the performance of streaming services in two scenarios only. It would be interesting to study the performance of such services in other situations such as when a user is walking and/or on a vehicle. Another potential research is to study similar performance and implementation metrics of other types of services such as downloading.
